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1. 

ENTRAINMENT AVODANCE WITH POLE 
STABILIZATION 

CLAIM OF PRIORITY AND RELATED 
APPLICATIONS 

This application is a divisional of and claims the benefit of 
priority under 35U.S.C. S 120 to U.S. patent application Ser. 
No. 1 1/877,606, filed Oct. 23, 2007, which claims the benefit 
under 35 U.S.C. 119(e) of U.S. Provisional Patent Applica 
tion Ser. No. 60/862,545, filed Oct. 23, 2006, the benefit of 
priority of each of which is claimed hereby, and each of which 
are incorporated by reference herein in its entirety. 

TECHNICAL FIELD 

The present Subject matter relates generally to adaptive 
filters and in particular to method and apparatus to reduce 
entrainment-related artifacts for hearing assistance systems. 

BACKGROUND 

Digital hearing aids with an adaptive feedback canceller 
usually suffer from artifacts when the input audio signal to the 
microphone is periodic. The feedback canceller may use an 
adaptive technique, such as a N-LMS algorithm, that exploits 
the correlation between the microphone signal and the 
delayed receiver signal to update a feedback canceller filter to 
model the external acoustic feedback. A periodic input signal 
results in an additional correlation between the receiver and 
the microphone signals. The adaptive feedback canceller can 
not differentiate this undesired correlation from that due to 
the external acoustic feedback and borrows characteristics of 
the periodic signal in trying to trace this undesired correla 
tion. This results in artifacts, called entrainment artifacts, due 
to non-optimal feedback cancellation. The entrainment-caus 
ing periodic input signal and the affected feedback canceller 
filter are called the entraining signal and the entrained filter, 
respectively. 

Entrainment artifacts in audio systems include whistle-like 
Sounds that contain harmonics of the periodic input audio 
signal and can be very bothersome and occurring with day 
to-day Sounds such as telephone rings, dial tones, microwave 
beeps, instrumental music to name a few. These artifacts, in 
addition to being annoying, can result in reduced output sig 
nal quality. Thus, there is a need in the art for method and 
apparatus to reduce the occurrence of these artifacts and 
hence provide improved quality and performance. 

SUMMARY 

This application addresses the foregoing needs in the art 
and other needs not discussed herein. Method and apparatus 
embodiments are provided for a system to avoid entrainment 
offeedback cancellation filters in hearing assistance devices. 
Various embodiments include using an adaptive filter to mea 
Sure an acoustic feedbackpath and monitoring the poles of the 
adaptive filter for indications of entrainment. Various 
embodiments include comparing the poles of the system 
transfer function to a pseudo circle of stability for the indica 
tion of entrainment of the adaptive filter. Various embodi 
ments include Suspending adaptation of the adaptive filter 
upon indication of entrainment. 

This Summary is an overview of some of the teachings of 
the present application and is not intended to be an exclusive 
or exhaustive treatment of the present subject matter. Further 
details about the present subject matter are found in the 
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2 
detailed description and the appended claims. The scope of 
the present invention is defined by the appended claims and 
their equivalents. 

BRIEF DESCRIPTION OF DRAWINGS 

FIG. 1 is a diagram demonstrating, for example, an acous 
tic feedback path for one application of the present system 
relating to an in the ear hearing aid application, according to 
one application of the present system. 

FIG. 2 illustrates an acoustic system with an adaptive feed 
back cancellation filter according to one embodiment of the 
present Subject matter. 

FIGS. 3A to 3C illustrate the response of an adaptive feed 
back system with using a stability analyzer processing mod 
ule according one embodiment of the present Subject matter, 
but without modulating the adaptation of the adaptation mod 
ule in light of indicated entrainment. 

FIG. 4A shows a system, according to one embodiment of 
the present Subject matter, outputting an interval of white 
noise followed by an interval of tonal signal closely replicat 
ing the input to the system represented by the signal illus 
trated in FIG. 3A. 

FIG. 4B illustrates a representation of reflection coeffi 
cients derived from the anticipated pole positions based on 
the inputs of FIG. 4A. 

FIG. 5 is a flow diagram showing an example of a method 
of entrainment avoidance according to one embodiment of 
the present Subject matter. 

DETAILED DESCRIPTION 

The following detailed description of the present invention 
refers to Subject matter in the accompanying drawings which 
show, by way of illustration, specific aspects and embodi 
ments in which the present Subject matter may be practiced. 
These embodiments are described in sufficient detail to 
enable those skilled in the art to practice the present subject 
matter. References to “an', 'one', or “various' embodiments 
in this disclosure are not necessarily to the same embodiment, 
and Such references contemplate more than one embodiment. 
The following detailed description is, therefore, not to be 
taken in a limiting sense, and the scope is defined only by the 
appended claims, along with the full scope of legal equiva 
lents to which such claims are entitled. 
The present system may be employed in a variety of hard 

ware devices, including hearing assistance devices. Such 
devices may include a signal processor or other processing 
hardware to perform functions. One Such function is acoustic 
feedback cancellation using an adaptive filter. In Such 
embodiments, the acoustic feedback cancellation filter mod 
els the acoustic feedback path from receiver to microphone of 
the hearing assistance system to subtract the acoustic feed 
back that occurs without Such correction. In one embodiment, 
entrainment is avoided by using signal processing electronics 
to determine the denominator of the system transfer function 
and analyze the denominator of the system transfer function 
for stability. If the position of the poles indicate entrainment, 
the processor determines and implements a change to the 
adaptation rate of the system. 

FIG. 1 is a diagram demonstrating, for example, an acous 
tic feedback path for one application of the present system 
relating to an in-the-earhearing aid application, according to 
one embodiment of the present system. In this example, a 
hearing aid 100 includes a microphone 104 and a receiver 
106. The sounds picked up by microphone 104 are processed 
and transmitted as audio signals by receiver 106. The hearing 
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aid has an acoustic feedback path 109 which provides audio 
from the receiver 106 to the microphone 104. 

FIG. 2 illustrates an acoustic system 200 with an adaptive 
feedback cancellation filter 225 according to one embodi 
ment of the present subject matter. The embodiment of FIG. 5 
2 also includes a input device 204, such as a microphone, an 
output device 206, such as a speaker, processing electronics 
208 for processing and amplifying a compensated input sig 
nale, 212, and an acoustic feedback path 209 with acoustic 
feedback path signal y, 210. In various embodiments, the 
adaptive feedback cancellation filter 225 mirrors the feedback 
path 209 transfer function and signal y, 210 to produce a 
feedback cancellation signal y, 211. When y, 211 is sub 
tracted from the input signal x 205, the resulting compen 
sated input signale, 212 contains minimal, if any, feedback 
path 209 components. In various embodiments, the feedback 
cancellation filter 225 includes an adaptive filter 202 and an 
adaptation module 201. The adaptation module 201 adjusts 
the coefficients of the adaptive filter to minimize the error 20 
between the desired output and the actual output of the sys 
tem. In one embodiment, a stability analyzer portion is used 
for analyzing stability of the adaptive feedback cancellation 
filter 225 for indication of entrainment. In other examples, the 
adaptive feedback cancellation filter 225 includes a stability 25 
analyzer portion for analyzing stability of the adaptive filter 
canceller for indication of entrainment. In various embodi 
ments, the stability analyzer module processing is adapted to 
process independent of the adaptive feedback cancellation 
filter. 

FIGS. 3A-3C illustrate the response of an adaptive feed 
back system with using a stability analyzer processing mod 
ule according one embodiment of the present subject matter, 
but without modulating the adaptation of the adaptation mod 
ule in light of indicated entrainment. The input to the system 
includes a interval of white noise 313 followed by interval of 
tonal input 314 as illustrated in FIG. 3A. FIG. 3B illustrates 
the output of the system in response to the input signal of FIG. 
3A. As expected, the systems output tracks the white noise 40 
input signal during the initial interval 313. When the input 
signal changes to a tonal signal at 315. FIG. 3B shows the 
system is able to output an attenuated signal for a short dura 
tion before the adaptive feedback filter begins to entrainto the 
tone and pass entrainment artifacts 316 to the output. The 45 
entrainment artifacts are illustrated by the periodic amplitude 
swings in the output response of FIG. 3B. FIG. 3C shows a 
representation of reflection coefficients of the adaptive filter 
during application of the input signal of FIG. 3A. During the 
white noise interval the reflection coefficient maintained a 
narrow range of values compared to the reflection coefficient 
values during the tonal interval of the input signal. 

In general, the present subject matter achieves entrainment 
avoidance by transforming the denominator of the system 
transfer function to lattice form and monitoring the reflection 
coefficients for indication of entrainment. Entrainment is 
probable where the reflection coefficients approach unity sta 
bility. 

The feedback canceller system of equations can be trans- 60 
formed to control canonical form and apply the Lyapunov 
stability as shown below, 
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The stability of a time linear system of 

is determined using Lyapunov function, where A is the linear 
system matrix and X is the input matrix. 

where V(x) is the Lyapunov function. If the derivative, AV(x), 
is positive near the neighborhood of interest, the system is 
stable in that neighborhood. X denote the real vector of dimen 
sionn, A and Q are quadratic matrices. The derivative of V(x) 
with respect to time is give by 

From above, 

This equation has exactly one solution for any given matrix, if 
Q=Q is positive definite, being denoted by Q>1, if and only 
if the relation, 

C.*ca.1 and C, 1 i=0,1,2... 
hold for all eigenvalues C, of A. 
From the equations above, for a positive definite Q matrix, 

the eigenvalues of the system B are inside the unit circle of 
stability. It is known that the solution to discrete time 
Lyapunov function is the same as looking into a Schur poly 
nomial solution in order reverse form. 
The Schur-Cohn stability test has the property of being a 

recursive algorithm. This is a consequence of the simulta 
neously algebraic and analytic aspect of the Schur coeffi 
cients, which are regarded as reflection coefficients. The 
denominator polynomial is converted to lattice form with 
reflection coefficients using Schur polynomials. The reflec 
tion coefficient magnitudes are used to evaluate the stability 
of the system. 
The lattice structures with reflection coefficients K. 

K. . . . K correspond to a class of m direct-form FIR filters 
with system functions D (Z), D(Z), ... D., (Z). Given the D(Z) 
matrix, the corresponding lattice filter parameters {K} are 
determined. For them stage lattice system, the initial param 
eter Kid. K is obtained from the polynomials D-1 (Z) 
since K is obtained from the polynomial D,(z) form M-1, 
M-2, ..., 1. The lattice filter parameters K.’s are computed 
recursively starting from m=M-1 to m=1 as, 
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Dn(z) = D-1(3) + Kn: B-1 (3) 
= D-1(X) + KBn(z) - KD-1 (...) 

where 

Bn(z) = : " Dn(z). 

The above equation can be simplified to 

D. (2)- KB (2) 
D-1(X) = 1 - K2 

n = (M - 1), (M-2), ... , 1. 

The above recursion is known as the Schur–Cohen stability 
test. In doing that we compute the lower degree polynomials. 
The procedure works as long as Km 6–1 for m=1, 2, . . . . 
(M-1). Let denominator polynomials be D(z), 

--i-i-2 

= do + dig" -- ... + dy-z'' k+M-1, 

where k is the system delay and M is the number of taps of the 
feedback canceller. 

If poles move outside the unit circle due to instability a new 
frequency is created. In order to avoid the poles reaching unit 
circle or stability boundary. In various embodiments, a 
pseudo unit circle, which is Smaller than unit circle, is used for 
analyzing the stability. Prior to the analyzing the denominator 
polynomial, D(Z) is scaled by a factor. The Scaling the poly 
nomial is with, 

where pc-1 is a scaling factor which is chosen between 1.01 
and 1.05 to arrive at the pseudo circle. 

Entrainment avoidance is achieved using the signal proces 
Sor to analyze the denominator polynomial for stability and 
changing the adaptation rate of the system depending on the 
position of the poles. The analysis algorithm includes stages 
to initialize the feedback canceller, generate future pole posi 
tions, analyze the stability of the future pole positions with 
respect to a pseudo stability circle and adjust the adaptation 
rate of the feedback canceller in light of the analysis. 

Initializing the feedback controller establishes a good esti 
mate of the feedback path, Fo (Z). A good estimate of the 
leakage path, F0(Z) is necessary to generate the denominator 
polynomial, D(Z). In various embodiments, a good estimate 
can be found by a forward gain module disconnected white 
noise initialization, where the system gets simplified to a 
system identification configuration. The is known to accu 
rately estimate Fo (Z). In various embodiments, a good esti 
mate of F(z) is achieved by copying the W(z) coefficients to 
Fo(z) at a point where the feedback canceller is modeling the 
feedback path. In order to identify a suitable time for copying 
the coefficients, the convergence accuracy can be analyzed by 
monitoring the average e values. 
Once the denominator polynomial is constructed, the 

denominator is scaled by multiplications of the denominator 
as shown above. The scaled denominator is used to identify 
the pole position of the system at a future iteration. 
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6 
In various embodiments, the future pole position is con 

verted to Lattice form to evaluate stability. This can be viewed 
as comparing the poles against a pseudo unit circle described 
above. Use of the pseudo circle is important since once the 
poles of the system moves outside the stable region, regaining 
stability of the system is difficult. 

In various embodiments, if the poles move outside the 
pseudo circle and a update of the filter coefficients is to take 
place, we stop adaptation by not updating the filter. In some 
situations if the adaptation is constantly trying to move out of 
the unit circle in a predictable manner it is possible to reverse 
the update. This can be viewed as a negative adaptation and 
can be useful in Some situations. If adaptation is stopped for 
Some random movement of a pole outside the circle as the 
pole returns the adaptation will continue to regain the stabil 
ity. 
By using the Schur polynomials the pole space is translated 

into the reflection coefficient space. This method is used in 
time-varying IIR filters. Lattice structure is used to ensure 
stability of the system without identifying the roots of a 
system transfer function. If one or more reflection coefficients 
are larger than one, the system is unstable. For electro-acous 
tic systems, it is reasonable to conclude that the entrainment 
is the main driving force of the poles outside the unit circle. 
An alternate method of combating entrainment includes 
reversing the adaptation process. This method does bring the 
system back to stability due to the stochastic nature of the 
NLMS algorithm, where stopping the system from adapting, 
reduces the ability of the system to recover from some adverse 
entrainment conditions. 
The following complexity calculation is for comparison 

with the standards NLMS feedback canceller algorithm for 
the canceller path. Even though the algorithm is significantly 
more complex, the performance of this algorithm is similar to 
the standard NLMS algorithm when the system poles are 
inside the unit circle. Where M is the number of NLMS filter 
taps and D is length of the denominator polynomial which 
depends on the effective feedback leakage path (identified 
during the initialization phase). Assuming the denominator 
length to be same as the feedback canceller length for sim 
plicity, the pole stabilizing algorithm totals to ~6M complex 
and 7M simple operations. This is comparatively expensive 
than the -3M complex and 4M simple operations for standard 
NLMS feedback canceller algorithms. This algorithm can 
be decimated to reduce the complexity. 

FIG. 4A illustrates the response of the entrainment avoid 
ance system embodiment of FIG. 2 using a stability analyzer 
module of a signal processor to monitor and modulate the 
adaptation of an adaptive feedback cancellation filter. The 
stability analyzer module is adapted to determine future pole 
positions of the denominator of the system transfer function, 
convert the future pole positions to lattice form, apply a 
Schur-Cohn stability test and monitor the values of the 
derived reflection coefficients for indication of entrainment. 
FIG. 4A shows the system outputting an interval of white 
noise followed by an interval of tonal signal closely replicat 
ing the input to the system represented by the signal illus 
trated in FIG. 3A. FIG. 4B illustrates a representation of 
reflection coefficients derived from the anticipated pole posi 
tions. FIG. 4B shows, during the tonal input period, the values 
of the reflection coefficients do spread from the values mea 
sured during the white noise interval. However, because the 
stability analyzer module modulates the adaptation of the 
adaptive feedback cancellation filter, the reflection coeffi 
cients do not fluctuate and diverge as extremely as in the FIG. 
3C. As a result, FIG. 4A does not show entrainment peaks as 
entrainment artifacts are eliminated using the various 
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embodiments of the present application Subject matter. How 
ever, FIG. 4B does show attenuation of the tonal input. Tonal 
input signal attenuation is frequency dependent and for some 
frequencies, attenuation will also be adaptation rate depen 
dent. The results of FIGS. 4A-B were generated with a typical 
acoustic leakage path (22 tap) with a 16 tap DCT-LMS adap 
tive feedback canceller with eigenvalue control. Each data 
point is created by averaging 20 runs (N=20). Each audio file 
is 10 seconds in duration, 5 seconds of white noise followed 
by 5 seconds of tonal signal. 

FIG. 5 is a flow diagram showing an example of a method 
of entrainment avoidance 550 according to one embodiment 
of the present subject matter. In the illustrated embodiment, 
various systems perform signal processing 552 associated 
with amplification and feedback cancellation while monitor 
ing and avoiding entrainment of an adaptive feedback can 
cellation filter. In various embodiments the filter is initialized 
554. Initialization 554. can be accomplished by a forward 
gain module disconnected white noise initialization, where 
the system gets simplified to a system identification configu 
ration. The transfer function of the system is determined 556 
such that stability of the filter can be analyzed for indications 
of entrainment. Once the transfer function is determined, an 
estimate of the pole positions made 558 and analyzed against 
a pseudo circle for stability 560. If the poles are not near or 
approaching the pseudo circle 562, adaptation of the adaptive 
filter is enabled 564 and the coefficients of the adaptive filter 
are updated 566. If the poles of are near the boundary, or 
approaching the boundary of the pseudo circle, an indication 
of entrainment of the adaptive filter, adaptation of the adap 
tive filter is suspended 568 until the filter stabilizes. It is 
understood that some variation in order and acts being per 
formed are possible without departing from the scope of the 
present Subject matter. 

It is understood that the foregoing teachings may be 
employed in different hardware, firmware, or software con 
figurations and combinations thereof. It is understood that the 
embodiments set forth herein may be employed in different 
devices, including, hearing assistance devices, such as hear 
ing aids. Such hearing aids may include, but are not limited to, 
behind-the-ear, in-the-ear, and completely-in-the-canal 
designs. Other applications of the foregoing teachings are 
possible without departing from the scope of the present 
Subject matter. 

This application is intended to cover adaptations or varia 
tions of the present subject matter. It is to be understood that 
the above description is intended to be illustrative, and not 
restrictive. The scope of the present subject matter should be 
determined with reference to the appended claims, along with 
the full scope of equivalents to which such claims are entitled. 

What is claimed is: 
1. A method of signal processing an input signal in a 

hearing assistance device including a receiver and a micro 
phone, the method comprising: 

using an adaptive filter to estimate an acoustic feedback 
path from the receiver to the microphone; 

generating one or more estimated future pole positions of a 
transfer function of the adaptive filter; 

analyzing stability of the one or more estimated pole posi 
tions for an indication of entrainment; and 

adjusting adaptation of the adaptive filter based on the 
stability such that the entrainment is avoided. 

2. A method of signal processing an input signal in a 
hearing assistance device to avoid entrainment, the hearing 
assistance device including a receiver and a microphone, the 
method comprising: 
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8 
using an adaptive filter to estimate an acoustic feedback 

path from the receiver to the microphone; 
generating one or more estimated future pole positions of a 

transfer function of the adaptive filter; 
analyzing stability of the one or more estimated pole posi 

tions for an indication of entrainment; 
adjusting adaptation of the adaptive filter based on the 

stability; and 
initializing the adaptive filter, including the acts of 

providing a white noise input signal to the adaptive filter 
to estimate the acoustic feedback path; 

estimating a denominator polynomial of an adaptive 
filter transfer function of the adaptive filter using one 
or more coefficients of the adaptive filter; and 

Scaling the denominator polynomial using a scaling fac 
tor to determine the estimated future pole positions. 

3. The method of claim 2, wherein each of the future pole 
positions is converted to lattice form. 

4. The method of claim 2, wherein estimating the denomi 
nator polynomial comprises: 

monitoring a feedback cancellation error signal for an indi 
cation of convergence; and 

upon an indication of convergence, determining the 
denominator polynomial of the adaptive filter transfer 
function using the one or more coefficients of the adap 
tive filter. 

5. The method of claim 1, wherein adjusting the adaptation 
of the adaptive filter comprises Suspending adaptation of the 
adaptive filter to enhance stability. 

6. The method of claim 1, wherein adjusting the adaptation 
of the adaptive filter comprises reversing adaptation of the 
adaptive filter to enhance stability. 

7. The method of claim 1, wherein analyzing the stability 
comprises: 

converting the future pole positions to lattice form; 
applying a Schur-Cohn Stability test; and 
monitoring the values of the derived reflection coefficients 

for indication of entrainment. 
8. The method of claim 1, wherein adjusting the adaptation 

of the adaptive filter based on the stability comprises adjust 
ing an adaptation rate of the adaptive filter using the one or 
more estimated future pole positions. 

9. The method of claim8, wherein adjusting the adaptation 
rate of the adaptive filter comprises adjusting the adaptation 
rate of the adaptive filter for avoidance of entrainment arti 
facts. 

10. A method of detecting entrainment in a hearing assis 
tance System, comprising: 

performing an initialization of an adaptive filter to estimate 
an acoustic feedback path in a form of a transfer func 
tion; 

determining estimates of future pole positions of the trans 
fer function; 

analyzing stability of the system based on the estimates of 
future pole positions; 

converting the future pole positions to lattice form; 
applying a stability test; and 
monitoring values of derived reflection coefficients for 

indication of entrainment that allows for avoidance of 
the entrainment. 

11. The method of claim 10, wherein applying the stability 
test includes applying a Schur-Cohn Stability test. 

12. The method of claim 10, further comprising selecting 
an adaptation rate of the adaptive filter based on the indication 
of entrainment. 
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13. The method of claim 10, further comprising adjusting 
an adaptation rate of the adaptive filter using the estimates of 
the future pole positions. 

14. The method of claim 13, wherein adjusting the adap 
tation rate of the adaptive filter comprises adjusting the adap 
tation rate of the adaptive filter for the avoidance of the 
entrainment. 

15. A method for operating a hearing assistance device, 
comprising: 

initializing an adaptive filter to estimate an acoustic feed 
back path in a form of a transfer function; 

determining estimates of future pole positions of the trans 
fer function; 

analyzing stability of the system based on the estimates of 
future pole positions, including converting the future 
pole positions to lattice form and applying a stability 
test; 

monitoring values of derived reflection coefficients for 
indication of entrainment, and 
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adjusting adaptation of the adaptive filter for avoidance of 

entrainment in response to the indication of entrainment. 
16. The method of claim 15, wherein applying the stability 

test includes applying a Schur-Cohn Stability test. 
17. The method of claim 16, wherein analyzing the stability 

comprises analyzing the stability using a digital signal pro 
cessor of a hearing aid. 

18. The method of claim 17, wherein adjusting the adap 
tation of the adaptive filter comprises adjusting an adaptation 
rate of the adaptive filter using the estimates of the future pole 
positions. 

19. The method of claim 17, wherein adjusting the adap 
tation of the adaptive filter comprises Suspending adaptation 
of the adaptive filter to enhance stability. 

20. The method of claim 17, wherein adjusting the adap 
tation of the adaptive filter comprises reversing adaptation of 
the adaptive filter to enhance stability. 

k k k k k 


